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© Digital quadrature radio receiver with two- step processing. 



© A digital signal processing (DSP) radio receiver 
employs a conventional analogy RF tuner to produce 
an analogy intermediate frequency. The receiver in - 
eludes analogy -to digital converter (40) which per- 
forms DSP functions of digitally sampling the anal - 
ogy intermediate frequency at a sampling rate f s , a 
first mans (41) for concurrently mixing, filtering, and 



sample -rate reducing the sampled intermediate 
frequency using a digital filter for inherently gen - 
erating a near -zero complex intermediate frequency 
signal, and second means (42,43,44) for synchro- 
nously detecting the complex IF signal. In a pre- 
ferred embodiment, the invention is employed to 
reproduce AM stereo signals. 
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The present invention relates in general to a 
digital radio receiver employing quadrature signal 
processing and more specifically to a digital radio 
receiver for reproducing AM stereo radio signals. 

Commercial radio services, such as AM and 5 
FM, are broadcast as a modulated analogue signal. 
Certain radio receivers have been employed which 
convert the received analogue signal into a digital 
signal for performing digital signal processing 
(DSP) to thereby realise various advantages, such 10 
as circuit integration, reduced size, exact operation, 
minimal adjustments, and the ability to combine 
signal processing with other audio functions (e.g., 
tone control, concert hall emulation, and equalisa- 
tion) also performed in DSP. 15 

The cost of implementing a particular receiver 
using DSP components increases with the. amount 
of processing required to perform the desired 
functions. The processing load of a particular DSP 
system depends on the functions implemented and 20 
on the number of samples in the digital signal 
which must be processed in a given amount of 
time, i.e., the sampling rate f s in samples per 
second. The sampling rate f s must be at least two 
times the frequency bandwidth of the sampled 25 
signal to avoid distortion. In a radio receiver, the 
sampled signal is typically an intermediate fre- 
quency (IF) signal from an analogy tuner stage. 
The analogy IF is centred at a non - zero frequency 
and is typically 455 kHz in an AM receiver and I0.7 30 
MHz in an FM receiver. . 

In order to initiate digital signal processing, the 
IF signal is converted to a digital IF signal using an 
analogy -to -digital (A/D) converter. 

It is known to reduce digital processing load by 35 
representing the digital IF signal as a quadrature 
signal with an in -phase (I) component and a 
quadrature -phase (Q) component. It is preferable 
to form the I and Q signals after conversion to 
digital signals due to the difficulties encountered in 40 
matching the I and Q signal path characteristics in 
analogy circuitry. 

U.S. Patent 4,893,316 to Jane et al discloses a 
digital signal processing receiver employing 
quadrature signals. Jane et al employs two injec - 45 
tion (i.e., mixing) signals from a digital quadrature 
local oscillator for mixing with the digital signal to 
produce the I and Q signal components comprising 
a nominal zero - Hertz intermediate frequency. 

U.S. Patent 4,592,074 to Whikehart teaches a 50 
technique for forming I and Q components si- 
multaneously with a reduction in sampling rate in a 
digital filter without the need for actual injection 
signals. By selecting the input IF frequency and the 
injection frequency to both be at one -quarter of 55 
the sampling rate f SJ the values for the injection 
signal become repeating sine and cosine se- 
quences of the values I, 0, and - 1, which can be 



directly implemented in the digital filter without an 
oscillator. 

The technique taught in U.S. Patent 4,592,074 
requires that the injection frequency remain fixed at 
one -quarter of the sampling rate. However, de- 
pending on the particular radio signal to be re- 
ceived, it may be necessary or desirable to employ 
a signal detection scheme using a variable injection 
frequency. One such particular type of radio signal 
is an AM stereo signal which includes phase - 
encoded information that must be demodulated 
using synchronous detection. Synchronous detec - 
tion requires a changing injection frequency locked 
to the frequency of the IF signal in order to recover 
the original audio signals without distortion. 

It is a principal object of the present invention 
to provide method and apparatus for digital signal 
processing of radio signals at a reduced DSP pro - 
cessing load. 

It is a further object of the invention to si- 
multaneously obtain the advantages of synchro- 
nous detection and low sampling rate in a digital 
radio receiver. 

These and other objects are achieved in a 
receiver for performing a two-step digital pro- 
cessing of radio signals. An analogy -to -digital 
converter operates at a sampling rate f s to convert 
an analogy IF signal to a first digital IF signal 
comprised of a plurality of samples. The first digital 
IF signal has a centre frequency about equal to 
f s /4. A concurrent complex -mixing, filtering, and 
sample -rate reducing means generates a complex 
IF signal having a near -zero centre frequency 
within a frequency range from -f s /8 to +f s /8. The 
complex IF signal has an in -phase component (I) 
and a quadrature - phase (Q), each being formed 
from weighted alternate samples of the first digital 
IF signal according to a set of predetermined 
filter -tap weights. The predetermined weights 
correspond to a complex mixing signal having a 
frequency equal to V4 and corresponding to a 
reduction in sampling rate by a whole multiple of 4. 
For the second processing step, a complex mixing 
means is coupled to the concurrent means for 
synchronously detecting the complex IF signal. The 
complex mixing means includes a variable oscilla- 
tor producing sine and cosine signals locked to the 
frequency and phase of the complex IF signal. 

In a preferred embodiment of the invention, the 
received radio signals are AM stereo signals 
broadcast in the C-QUAM format. 

The invention will now be described further, by 
way of example, with reference to the accom- 
panying drawings, in which: 

Figure I is a block diagram showing a conven - 
tional architecture for a digital signal processing 
receiver. 
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Figure 2 is a block diagram showing a prior art 
technique (or obtaining digital I and Q signals 
trmpluyimj an oscilator. 

Figure 3 i>r»u*v- d digital injection signal for 
funrtfKj I <jikI Q ^iy*idlb wherein the injection 
dequofcy corresponds to one -quarter of the 
sampling rate 

Figure 4 it, a block d agram showing a prior art 
digital hin,-i foi generating digital I and Q signals 
without an oscillator 

Figure b r; j Mock diagram showing an analogy 
receiver tor cc~tvng AM stereo signals in the 

C-QUAM I mat 

Figuro 6 n a t »-- * .lij.jram showing a preferred 
embodim.-fit « * ***■ :#t v»mt -nvention wherein 
digital signa' t"— • %v.'o.; .v. rnrpioyed to receive 
an AM stt.t*- *„. jrtj, „, tr* c - QUAM format. 
Figure 7 is a t * - • am growing a preferred 
embodiment r.t ,» . • wm-ft Mu-f for generating 
digital I arM O *. «r» m Figure 6. 

Figure R *.r .i m.i?r* morally equivalent 
circuit showmtj r»w T».^i.iiiTy of the concur- 
rent filter of Ftgur. 7 

Figures 9 - 2\ tt*.**, s.i-;nai spectra associated 
with the rece vt/r in f .jnfv 6 
Figure 22 is a M--.* r^ram showing a more 
detailed example *•*> ^ rtceiv^f according to the 
invention of Figur*. 0 

Figure 23 is a bk* * tii^jram showing a further 
embodiment to- *. C - GUAM receiver of the 
present invention 

Figure 24 is a t>fc -> diagram of yet another 
embodiment of a C - QUAM receiver of the 
present invention 
Referring to Figuoj l ai antenna 10 receives a 
radio broadcast wave arvt a resulting analogy an - 
tenna signal is provis o to an analogy tuner 11. 
The output from anait-j, tunor 1 1 is coupled to an 
anti-aliasing filter 12 and to an AD converter 13. If 
the output of analogy timer 1 1 is sufficiently band 
limited, then anti - aliasing filter 12 is not required 
prior to digital conversion Ly AD converter 13. A/D 
converter 13 is clocked at a sampling rate f s top- 
rovide digital samples at the sampling rate to a 
digital signal processing (DSP) bloc* 14. The radio 
signal represented by ttu.- digital samples is de- 
modulated using DSP techniques. Other process- 
ing, including stereo decximg. is also performed in 
DSP block 14 to produce left and right stereo 
signals. D/A converters \b and 16 convert the stereo 
signals to analogy form D A converters 15 and 16 
receive a clocking signal at sampling rate f s . 

Figure 2 demonstrates a prior art technique for 
reducing the processing rate required for DSP 
block 14. Digital samples Irum A D converter 13 are 
provided to digital mixc-o 17 and 18. A digital 
quadrature oscillator (not shown) provides quadra- 
ture mixing signals COSM) and SINM) to digital 
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mixers 17 and I8 f respectively. The resulting mixer 
outputs are provided to respective decimation fil- 
ters 20 and 21 having respective I and Q outputs 
comprising digital samples at a lower sampling rate 
s f«\ 

The digital injections (i.e, mixing) signals from 
the digital quadrature oscillator are provided at 
sampling rate f s (i.e., the same sampling rate as the 
IF signal). As shown in Figure 3, when the fre- 

70 quency of the injection signal o corresponds to 
one -quarter of the sampling rate f s 'then the in- 
jection signals can be characterised by repeating 
sine and cosine sequences of the values I, 0, and 
-I. This relationship is utilised in previously men- 

75 tioned U.S. Patent 4,592,074 wherein the sine and 
cosine sequences are implemented as part of a 
digital filter so that the digital mixers 17 and 18 are 
not required. As shown in Figure 4, samples are 
provided to a negator 22 for selectively negating 

20 the samples in response to a select signal cor- 
responding to the appropriate sign of the sine and 
cosine injections. The selectively negated samples 
are provided to a gate 23 and a gate 25. A clock 
signal is provided to a control input of gate 23 for 

25 transmitting alternate samples from negator 22 to a 
decimation filter 24 which reduces the sampling 
rate and provides an in -phase I digital output 
signal. The clock signal is inverted by an inverter 
26 for controlling gate 25 to transmit the other 

30 alternate samples to a decimation filter 27 for pro - 
ducing a quadrature - phase Q digital output signal 
at a reduced sampling rate f s \ 

As described in the '074 patent, if the inter- 
mediate frequency and the injection frequency are 

35 both one -quarter of the sampling rate, then the I 
and Q components are translated to a nominal zero 
Hertz (i.e., baseband) intermediate frequency sig - 
nal. However, since the injection frequency is at a 
fixed frequency, the mixing operation cannot be 

40 phased locked to the incoming IF signal (i.e., syn- 
chronous detection is not obtainable). 

Certain types of intermediate frequency signals 
may preferably be demodulated using synchronous 
detection. For example, Figure 5 shows a conven - 

45 tional analogy receiver for processing AM stereo 
signals received in the compatible quadrature am - 
plitude modulation (C-QUAM) format. The 
MCI3020P AM stereo decoder integrated circuit 
available from Motorola Semiconductor Products, 

so Inc. of Phoenix, Arizona, implements the C-QUAM 
function of Figure 5. 

A C-QUAM IF signal is provided to an en- 
velope detector 30 which provides an envelope 
signal equal to l + L + R to a DC blocking filter 31. 

55 After the DC offset is removed in DC blocking filter 
31, an L+R signal is provided to a stereo decoder 
matrix 32 for producing right and left channel audio 
outputs. 
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The remainder of Figure 5 converts the C- 
QUAM IF signal to a QUAM IF signal in order to 
generate the difference signal L-R for input to 
matrix 32. The C-QUAM IF signal is provided to a 
variable gain amplifier 33. The output of amplifier 
33 is coupled to an in - phase synchronous detec - 
tor 34 and a quadrature - phase synchronous de - 
tector 36. The output of detector 34 provides an 
output signal corresponding to i + L + R + ERROR to 
one input of a difference amplifier 35. The other 
input of difference amplifier 35 receives the 
l + L + R signal from envelope detector 30. Dif- 
ference amplifier 35 is a high gain amplifier and 
provides an ERROR signal to the gain control input 
of variable gain amplifier 33. Since difference am - 
plifier 35 is a high gain amplifier, the output of 
amplifier 33 corresponds to a QUAM signal. 

The output of Q- phase synchronous detector 
36 is connected to matrix 32 and to a phase 
detector 37. The QUAM signal from amplifier 33 is 
connected to another input of phase detector 37. 
The output of phase detector 37 is connected to a 
voltage -controlled oscillator (VCO) 38 which pro- 
vides a cosine signal to in - phase synchronous 
detector 34 and a sine signal (phase shifted by 
90° with respect to the cosine signal) to 
quadrature - phase synchronous detector 36. Thus, 
phase detector 37 and VCO 38 form a phase - 
locked loop. 

Figure 6 shows a preferred embodiment of the 
present invention for implementing a synchronous 
detector using digital signal processing at a re- 
duced processing load. Analogy IF signals are 
provided to an A/D converter 40 and converted to a 
digital IF signal with a centre frequency f d . The 
digital samples at a sampling rate f s are input to a 
concurrent filter 41. Filter 41 provides quadrature 
mixing and downsampling functions. The quadra- 
ture mixing function preferably results in a shifted 
IF centre frequency near zero, but not necessarily 
exactly equal to zero. The sample -rate reduced, 
near -zero Hertz I and Q signals from filter 41 are 
provided to a quadrature mixer 42 which is phase 
locked to provide synchronous detection by means 
of a loop filter 43 and a digital VCO 44. Thus, 
concurrent filter 41 reduces the processing load by 
performing a quadrature mixing operation to create 
a complex IF signal having an in - phase compo - 
nent I and a quadrature - phase component Q. The 
complex IF signal, now at a reduced sampling rate, 
undergoes a second complex mixing operation in 
quadrature mixer 42. During demodulation of a C - 
QUAM signal, quadrature mixer 42 becomes 
locked to the near - zero - Hertz complex IF signal 
and produces at its outputs a synchronous - de - 
tector I signal and a synchronous -detector Q 
signal which together form a zero Hertz IF signal. 
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VCO 44 is implemented using known DSP 
techniques (see, e.g., Motorola Application Note, 
"Digital Sine -Wave Synthesis Using the 
DSP56001 w ). 

5 Figure 6 shows the two - step processing of 

the invention in the context of an AM stereo re- 
ceiver for signals broadcast in the C-QUAM for- 
mat. An envelope detector 45 receives the near- 
zero- Hertz complex IF signal and determines the 

io envelope by calculating the square root of the sum 
of the squares of the in - phase and quadrature - 
phase components. The detected envelope is 
provided to a DC blocking filter 46 which may be 
comprised of a lowpass filter for isolating the DC 

75 component and a summer for subtracting out the 
DC component from the envelope signal. An L + R 
audio signal is provided from DC blocking filter 46 
to a stereo decoder matrix 47 which generates left 
and right stereo signals. The detected envelope 

20 from envelope detector 45 is also provided to a 
conversion block 48 which further receives from 
mixer 42 the synchronous - detector I signal and 
the synchronous - detector Q signal from quadra- 
ture mixer 42. An L-R audio signal is obtained 

25 from the synchronous - detector Q signal by con - 
verting it to a QUAM signal. The L-R signal is 
provided to matrix 47 for stereo decoding and to 
loop filter 43 for implementing a phase -locked 
loop in conjunction with VCO 44. Alternatively, loop 

30 filter 43 may directly employ the synchronous - 
detector Q signal as its sole input signal for closing 
the phase - locked loop. 

The conversion to QUAM performed by con- 
version block 48 can be implemented according to 

35 various methods, e.g., the implicit method, the in - 
verse function method, and the divider method, 
which will be described later with reference to 
Figures 22 - 24. 

Concurrent filter 41 for providing quadrature 

40 mixing and downsampling functions is shown in 
greater detail in Figure 7. Concurrent filter 41 con- 
sists of separate I and Q parallel filters of the 
finite -impulse -response (FIR) type. An FIR filter 
uses a tapped delay line (i.e., shift register) to store 

45 past input samples which are multiplied by filter - 
tap weights and summed to form an output sample. 
In general, for decimation by 4 in an FIR filter, the 
filter must be x*4 taps in length, where x is an 
integer greater than zero. Thus, the smallest filter 

so decimating by 4 would have 4 taps. 

In Figure 7, the separate I and Q portions of 
the filter each mathematically correspond to 8 -tap 
filters, although each filter actually needs only 4 
taps because of a hardware simplification resulting 

55 in the present invention from the fact that the other 
4 taps are always multiplied by zero, as will be 
discussed later. Alternatively, a 4 -tap filter deci- 
mating by 4 could be employed with only 2 taps 

4 
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being actually needed in the separate I and Q 
portions of the filter, resulting in the smallest pos- 
sible filter. The size of filter employed depends on 
the specific filtering desired in a particular design. 

In Figure 7, digital samples are alternately 
provided to a pair of shift registers 50 and 51 using 
a demultiplexer 52, for example. Shift register 50 
includes elements 60, 62, 64 and 66 for shifting in 
two samples for calculating every I output sample. 
Shift register 51 includes elements 70, 72, 74, and 
76 for shifting in two samples for calculating every 
Q output sample. Thus, a sequence of eight digital 

samples designated ao, a az (where ao precedes 

ai , etc.), are passed through demultiplexer 52 into 
shift registers 50 and 51 in the 8 -tap filters as 
shown. 

A set of four input sampjes passed through 
demultiplexer 52 (two provided to the I portion of 
the filter and two provided to the Q portion of the 
filter) are thus digitally filtered to provide a single 
I -and -Q- pair output sample (i.e., a decimation 
by 4). In forming one output sample, a multiplier 61 
receives digital sample ao for multiplication by a 
constant C7. A multiplier 63 receives digital sample 
a? for multiplication by a constant -Cs. A multiplier 
65 receives digital sample a* for multiplication by a 
constant C3. A multiplier 67 receives digital sample 
a& for multiplication by a constant -Ci. It will be 
apparent to those skilled in the art that the match- 
ing of constants with respective digital samples is 
chosen to perform a convolution in accordance with 
equations discussed below. The outputs of mul - 
tipliers 61, 63, 65, and 67 are applied to a summer 
68, the output of which provides a single sample of 
the in -phase component I of the complex IF signal 
at a sampling rate f s * equal to iJ4. Likewise, mul- 
tipliers 71, 73, 75 and 77 multiply digital samples 
ai,a3, as, and a7 by constants c&, -c*, C2, and 
-Co, respectively. The products are summed in a 
summer 78 to provide the quadrature - phase 
component Q of the complex IF signal at a sam - 
pling rate f s ' equal to 

Figure 8 illustrates the mathematically equiv- 
alent functions which are concurrently implemented 
in the filter of Figure 7. A pair of mixers 53 and 54 
receive cosine and sine injection signals, respec - 
tively, from a digital quadrature oscillator 55 having 
a frequency of fs/4. The cosine product is provided 
to a lowpass filter 56 and a decimation - by -4 filter 
57 (resampling at fs/4) to provide the in -phase 
component I. The sine product from mixer 54 is 
provided to a lowpass filter 58 and a decimation - 
by -4 filter 59 to produce the quadrature - phase 
component Q. Since the oscillator frequency is at 
one -quarter of the sampling rate of the digital 
samples, and since the decimation ratio is a mul - 
tiple of 4, the functions may be concurrently per - 
formed in the filter of Figure 7 where the number of 



1NSDOCID: <EP 0540195A2_I_> 



540 195 A2 8 

taps and the values of the filter -tap weights de- 
pend on the particular decimation and filtering to 
be performed. Lowpass filters 56 and 58 perform 
an anti-aliasing function which is performed in the 

5 concurrent filter by adjustment of the filter -tap 
weights (i.e., constants Co to C7). Quadrature mixing 
is obtained by negation of certain weights and by 
dropping one -half of the taps otherwise required 
(i.e., not multiplying and summing alternate sam - 

10 pies in each separate I and Q portion of the filter 
since they would only add zero to the sum). 

More specifically, the concurrent filter 41 in 
Figure 7 is a decimation filter with eight actual taps 
having respective multipliers Co to C7. As is ap- 

75 parent from Figure 8, the input sequence from the 
in - phase quadrature mixer 53 is 

A = ao, 0, -a2, 0, a* , 0, - as , 0,... 

20 and the input sequence from the quadrature - 
phase quadrature mixer 54 is 

B = 0, ai, 0, -a 3 . 0, a 5 . 0. -a 7 

25 Since the filter decimates by 4, four inputs are 
shifted into the decimation filter for each output 
sample. Filter -tap weights Co to C7 are determined 
in a conventional manner for the anti-aliasing and 
decimation functions to be performed in a particu - 

30 lar receiver. The resulting complex IF signal's I and 
Q components yielded by convolution in the con - 
current filter are as follows: 

I = co*0 + cr(-as) + C2D + c 3 *a4 + c 4 *0 + 
35 cs*(-a2) + C6"0 + C7*ao 

and 

Q = co*(-a 7 ) + d*0 + C2*as + c 3 *0 + 
40 C4*(-a3) + cs*0 + c 6 *ai + C7*0 . 

These equations can be rearranged as follows: 

I = (-ci)*as + c 3 *a4 + (-c 5 )*a 2 + c 7 *ao 

45 

and 

Q = (-Co)"a 7 + c 2 "as + ( - Ca )"a 3 + ce'ai. 

so Thus, the negation required by the mixing function 
can be included in the filter weights since the 
negated filter inputs always get multiplied by the 
same weights. The multiplication by zero required 
by the mixing function can be included in the filter 

55 by not summing odd or even samples for I and Q, 
respectively. This is why the shift registers in Fig - 
ure 7 are each only four taps instead of eight. 
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Filter coefficients Co to Cj are determined ac - 
cording to Known finite impulse response (FIR) 
decimation filter doiiyr. methods. The foregoing 
curi'jurrt,'r:t filter may Inj obtained using a decima- 
tiun filler having dii> number of laps which is a 
multiple of four in the example of Figure 6 for 
receiving AM s torero signas broadcast in the C- 
QUAM format, an Tin titer having 20 taps may be 
preferably employed to provide a 20 kHz lowpass 
filter with a 60 dB stopt»and and .5 dB ripple in the 
passband up to rs kHj 

Figures 9-I*i c^m frequency spectra of var- 
ious signals prcc^»! n f i ;irc 6 The analogy in- 
termediate fro<)ut*v;y p'^vMitn.1 from an analogy 
tuner to an AD (:<>'■*•■*! •» 'mi a frequency spec- 
trum component 80 fM.'^j .» < trice frequency f a . A 
mirror image fn»ji#« f • • >*ti;. rwn\ 80* is shown 
with a negative fn.«jw- , ?; ■ an consideration of 
complex signals Fo« t - • « * » r* a! tibial the nega- 
tive frequency comr- -»i t* .i mirror image of 
the positive Iraqi n't*, y nt 

Figure 10 show- t»*- i'M J;w >fv y < j>ivtriim of the 
sampling operation t .f vu- AO converter which 
consists of all into;*.? rr vift ; >u of sampling rate. f s 
including zero Hertj Tr-.. -j.^.tai samples from the 
A/D converter compute u ( j ( j,tai IF signal having a 
frequency spectrum witn a positive frequency 
component 81 having a ecu re freqaency f d and a 
mirror image negative c rfT^^m^rt 81'. Further pairs 
of frequency compor*_m- ap^ar around each in- 
teger multiple of \^ sin. * a? ai».qy - to - digital con - 
version can be cons<> t-i t« • be a convolution of 
the frequency component*: shown in Figures 9 and 
10. In order to be represented m :he digital domain, 
the digital IF signal mutt have a complete fre- 
quency component 8t cr 81* contained in the fre- 
quency range from - f s 4 to + f, 4. However, it is 
not at all necessary for \tuj analogy IF signal of 
Figure 9 to be contained m this same range since 
other convolutions of th- ji-jrais in Figures 9 and 
10 can result in the spectrum of Figure 11. Thus, 
the analogy frequency L ca i be any frequency 
satisfying the equation 

fa = N% ± f d 

wherein N is any integer Furthermore, the analogy 
intermediate frequency signal and the sampling 
rate f s must be selected so that the spectral com - 
ponent 80 does not cross any integer multiple of 
f s /2. 

Figure 12 shows components 8l and 81* on an 
expanded frequency scale, such expanded scale 
being used for the remainder of Figures I2-2L 
Hash -marks on Figures 12-21 are used to in- 
dicate that the spectrum within the hash -marks 
repeats in both frequency directions. 



Figure 13 shows the injection of a mixing signal 
at one -quarter of the sampling rate to translate 
frequency spectrum 81 shown in Figure 12 to a 
near -zero IF spectrum 82 shown in Figure 14. The 

5 injection signal is shown at ~V4 in Figure 13. 
Spectrum component 81 1 is translated to 82* as 
shown in Figure 14. An injection signal at +f s /4 
could also be used with the resulting spectrum in 
Figure 14 being flipped around with respect to zero 

io Hertz. 

Figure 15 shows a passband 83 corresponding 
to the lowpass (anti-aliasing) filtering function of 
the concurrent filter of the present invention. Pas - 
sband 83 is determined by filter weights Co to C7. 

75 The spectrum of the output of the lowpass filter 

function is shown in Figure 16 where only spectral 
component 82 of the complex IF signal remains. 
Prior to output from the concurrent filter, the com - 
plex signal shown in Figure 16 is decimated by 4 

20 (i.e., resampled at a sampling frequency f s ' equal 
to y4) as shown in Figure 17. The decimated 
output has a spectrum shown in Figure 18 with a 
component 83 which repeats at multiples of V4. As 
shown in Figure 19, only the component 83 be- 

25 tween - fJQ and f s /8 is considered. 

A changing injection frequency f c which is 
synchronous with the instantaneous phase of the 
complex IF signal and generated by a phase - 
locked loop is shown in Figure 20. Mixing of the 

30 signals of Figure 19 and Figure 20 in the synchro- 
nous detector of the present invention results in a 
zero - Hertz demodulated signal having a spectrum 
84 shown in Figure 21. 

An application of the present invention to an 

35 AM stereo C-QUAM receiver is shown in greater 
detail in Figure 22. An antenna 85 provides RF 
broadcast signals to an analogy tuner 86. A band - 
limited IF signal having a centre intermediate fre- 
quency of 47.5 kHz is provided from analogy tuner 

40 86 to A/D converter 40. A/D converter 40 operates 
with a sampling rate f s equal to 152 kHz and, 
therefore, provides a first digital IF signal also at an 
intermediate frequency of 47.5 kHz. Concurrent 
filter 41, synchronous detector 42, loop filter 43, and 

45 VCO 44 operate in the same manner as described 
with reference to Figure 6. The complex IF signal 
from concurrent filter 41 has a sampling rate at f s /4 
which equals 38 kHz in this example. Since the 
complex injection frequency provided by the 

50 quadrature mixing operation of concurrent filter 41 
also corresponds to 38 kHz, the complex in - phase 
component I and quadrature - phase component Q 
have an intermediate frequency of 9.5 kHz. Syn - 
chronous detector 42 converts this 9.5 kHz IF fre - 

55 quency to a zero -Hertz IF consisting of a 
synchronous - detector I signal and a 
synchronous -detector Q signal. 
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Figure 22 shows an alternate connection of an 
envelope detector 87 for receiving the first digital 
IF signal from A/D converter 40 (i.e., a real IF 
signal rather than a complex IF signal). Due to the 
higher frequency of this IF signal, envelope detec- 5 
tor 87 performs envelope detection using the more 
conventional manner of providing a peak detection 
and lowpass filter function rather than determining 
the square root of the sum of the squares of the 
complex signals as used in Figure 6. io 

The receiver shown in Figure 22 employs the 
implicit calculation method for converting the de- 
mooulatcc C - QUAM signals to a QUAM format. A 
lowpass filtor 90 filters the l + L + R signal from 
onvoiopo dotoctor 87 to generate its DC compo- 75 
nent (related to the signal strength of the received 
sgnai) an.i provides an output to an inverting input 
on ii summc 9 for subtracting the DC component 
Irorr the synrhr Dnous - detector I signal from syn- 
chronous dotoctor 42. The output of summer 91 is 20 
cnnn*>c\c:r. m nr.n input of a multiplier 92 which has 
its output connected to an inverting input of a 
s.jmm«-f 93 A non inverting input of summer 93 
receives the output from envelope detector 87. The 
output of summer 93 provides a correction signal 25 
for converting the C-QUAM signals to QUAM 
signals The correction signal has a magnitude 
equal to 1 COStf. where 6 represents the phase 
encoded, stereo information as defined by the C - 
QUAM format. The correction signal is provided to 30 
the remaining input of multiplier 92 and to one 
input of a multiplier 94. Multiplier 94 receives the 
synchronous - detector Q signal from synchronous 
detector 42 at its remaining input and produces a 
L - R signal at its output which is a corrected 35 
QUAM signal. 

The L+R signal from DC blocking filter 46 and 
the L-R signal from multiplier 94 are coupled to 
respective inputs of stereo decoder matrix 47. The 
L-R signal from multiplier 94 is further connected 40 
to loop filter 43 and to a pilot detector 95. A stereo 
detect signal is provided from pilot detector 95 to 
blend control 96 when a stereo pilot carrier is 
present in the L-R signal. Blend control 96 con- 
trols the stereo blend of stereo decoder matrix 47 45 
based on the detection of the stereo pilot and on a 
signal strength signal obtained from analogy tuner 
86 through an A/D converter 97. 

A left stereo signal L is provided from stereo 
decoder matrix 47 to a digital anti-aliasing 50 
lowpass filter 100, a D/A converter 101, an analogy 
lowpass filter 102 and a left channel speaker (not 
shown). A right stereo signal R is provided to a 
digital anti - aliasing lowpass filter 103, a D/A con - 
verter 104, an analogy lowpass filter 105 and a right 55 
channel speaker (not shown). D/A converters 101 
and 104 receive a sampling rate signal corre- 
sponding to the final sampling rate f s r of 38 kHz 
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(i.e., V4). Filters 100 and 103 are not necessary in 
this specific example and are only shown in con- 
nection with the possibility that it may be desired in 
some instances to increase the sampling rate for 
D/A conversion. In that event, filters 100 and 103 
simplify the analogy filtering that is required after 
D/A conversion. Filters 100 and 103 are not used if 
no sampling rate increase is performed. 

Figure 23 shows an alternate embodiment of 
the invention wherein conversion from C - QUAM to 
QUAM is obtained using the inverse function 
method. The output of envelope detector 45 is 
provided to an input of a summer 110 having its 
output connected to a high gain amplifier 111. The 
output of amplifier 111 provides a I/COS0 correc- 
tion signal to an input of a multiplier 112 and an 
input of a multiplier 113. Multiplier 112 has another 
input connected to the synchronous - detector I 
signal from synchronous detector 42. The output of 
multiplier 112 is connected to an inverting input of 
summer 110. Multiplier 113 has another input 
connected to receive the synchronous - detector Q 
signal from synchronous detector 42. The output 
from multiplier 113 provides the corrected QUAM 
signal corresponding to the L-R signal. 

Figure 24 illustrates the divider method for 
converting C-QUAM to QUAM. A divider 115 is 
connected to synchronous detector 42 and it di- 
vides the synchronous -detector Q signal by the 
synchronous - detector I signal. Division is imple - 
mented in DSP using shift and subtract operations. 
The result of the division is provided to one input 
of a multiplier 116 for multiplying the divider signal 
by the envelope detector signal to produce the 
corrected L-R signal. 

While preferred embodiments of the invention 
have been shown and described herein, it will be 
understood that such embodiments are provided 
by way of example only. Numerous variations, 
changes, and substitutions will occur to those 
skilled in the art without departing from the scope 
of the invention as set out in the appended claims. 

Claims 

1. A receiver for digitally processing an analogy 
radio -frequency (RF) broadcast signal com- 
prising: 

tuner means for receiving said analogy RF 
broadcast signal and generating an analogy 
intermediate frequency (IF) signal having a 
frequency f a ; 

analogy - to - digital converter means (40) 
operating at a sampling rate f s and coupled to 
said tuner means for converting said analogy 
IF signal to a first digital IF signal comprised of 
a plurality of samples, said first digital IF signal 
being contained in the frequency range be- 
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tween zero and f s /2, said first digital IF signal 
having a centre frequency f d1 about equal to 
V4; 

concurrent complex mixing, filtering, and 
sample - rate reducing means (41 ) coupled to 5 
said analogy - to - digital converter means (40) 
for generating a complex IF signal having a 
near -zero centre frequency f d 2 within the 
frequency range from -V8 to + f s /8, said 
complex IF signal having an in -phase com- io 
ponent I and a quadrature - phase component 
Q each being formed from weighted alternate 
samples of said first digital IF signal according 
to a set of predetermined weights, said weights 
corresponding to a complex mixing signal is 
having a frequency equal to f s /4 and cor- 
responding to a reduction in sampling, rate by 
a whole multiple of 4; and 

a complex mixer means (42,43,44) coup- 
led to said concurrent means for synchro - 20 
nously detecting said complex IF signal, said 
second complex mixing means including a 
variable oscillator producing sine and cosine 
signals locked to the frequency and phase of 
said complex IF signal. 25 

2. A receiver for receiving stereo signals broad - 
cast in the C - QUAM format comprising: 

tuner means for receiving said analogy 
broadcast signal and generating an analogy 30 
C-QUAM intermediate frequency (IF) signal 
having a frequency f a ; 

analogy - to - digital converter means op - 
erating at a sampling rate f s and coupled to 
said tuner means for converting said analogy 35 
IF signal to a first digital IF signal comprised of 
a plurality of samples, said first digital IF signal 
being contained in the frequency range be - 
tween zero and f s /2, said first digital IF signal 
having a centre frequency f d1 ; 40 

concurrent complex mixing, filtering, and 
sample - rate reducing means coupled to said 
analogy - to - digital converter means for gen - 
erating a complex IF signal within the fre- 
quency range from -f s /8 to +V8 and having a 45 
centre frequency f d2 , said complex IF signal 
having an in - phase component I and a 
quadrature - phase component Q each being 
formed from weighted alternate samples of 
said first digital IF signal according to a set of 50 
predetermined weights, said weights corre- 
sponding to a complex mixing signal having a 
frequency equal to V4 and corresponding to a 
reduction in sampling rate by a whole multiple 
of 4; 55 

a synchronous detector demodulating said 
complex IF signal to. produce a detected C- 
GUAM signal including a synchronous - de - 



tector I signal and a synchronous - detector Q 
signal, said detected C-QUAM signal having 
a phase - locked centre frequency at substan - 
tially zero; 

an envelope detector generating an en - 
velope signal corresponding to the envelope of 
said broadcast signal; and 

conversion means coupled to said syn - 
chronous detector and said envelope detector 
for converting said detected C-QUAM signal 
to a QUAM signal. 

3. A receiver according to claim 2, wherein said 
concurrent means is comprised of a finite im - 
pulse response filter. 

4. A receiver according to claim 3, wherein said 
weights concurrently provide an anti-aliasing 
filter function. 

5. A receiver according to claim 2, wherein f d1 is 
about equal to f s /4 and f d2 is nearly equal to 
zero. 

6. A receiver according to claim 2, further com - 
prising: 

matrix means coupled, to said envelope 
detector and said conversion means for gen - 
erating said stereo signals from said envelope 
signal and said QUAM signal. 

7. A receiver according to claim 6, further com - 
prising digital -to -analogy converter means 
coupled to said matrix means for generating 
analogy stereo signals. 

8. A receiver according to claim 2, wherein said 
conversion means comprises: 

implicit calculating means coupled to said 
envelope detector and said synchronous de- 
tector for generating a correction signal using 
implicit feedback; and 

multiplier means coupled to said syn- 
chronous detector and said implicit calculating 
means for multiplying said synchronous - de - 
tector Q signal and said correction signal to 
generate a QUAM signal corresponding to the 
difference of said stereo signals. 

9. A receiver according to claim 2, wherein said 
conversion means comprises: 

comparing means coupled to said en- 
velope detector and said synchronous detector 
for generating a correction signal based on the 
error between said envelope signal and said 
synchronous - detector I signal; 

multiplier means coupled to said syn- 
chronous detector and said comparing means 
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for multiplying said synchronous - detector Q 
signal and said correction signal to generate a 
QUAM signal corresponding to the difference 
of said stereo signals. 

10. A receiver according to claim 2, wherein said 
conversion means comprises: 

divider means coupled to said synchro- 
nous detector for dividing said synchronous - 
detector Q signal by said synchronous - de - 
tector I signal to generate a divider signal; and 

multiplier means coupled to said divider 
means and said envelope detector for mul - 
tiplying said divider signal and said envelope 
signal to generate a QUAM signal corre- 
sponding to the difference of said stereo sig - 
nals. 

11. A receiver according to claim 2. further com- 
prising stereo detect means coupled to said 
conversion means for detecting the presence 
of a stereo pilot signal in said QUAM signal. 



digital filter to obtain a complex IF signal within 
the frequency range from -y8 to +V8 and 
having a centre frequency f d2 , said complex IF 
signal having an in -phase component I and a 

5 quadrature - phase component Q each being 

formed from weighted alternate samples of 
said first digital IF signal according to a set of 
predetermined - mined weights, said weights 
corresponding to a complex mixing signal 

10 having a frequency equal to V4 and concur- 

rently corresponding to a reduction in sampling 
rate by a whole multiple of 4; 

synchronously demodulating said complex 
IF signal to obtain a demodulated baseband 

15 signal; 

detecting an envelope of said broadcast 
signal to generate an envelope signal; 

modifying said demodulated baseband 
signal in accordance with said envelope signal; 

20 . and 

recovering said stereo information from 
said modified demodulated baseband signal. 



12. A receiver according to claim 11, further 
comprising blend control means coupled to 25 
said stereo detect means for selecting stereo 

or monophonic reception in accordance with 
the detection of said stereo pilot signal by said 
stereo detect means. 

30 

13. A receiver according to claim 2, wherein said 
synchronous detector comprises: 

loop filter means coupled to said conver- 
sion means for filtering said QUAM signal; 

oscillator means coupled to said loop filter 35 
means for producing sine and cosine signals 
locked to the frequency and phase of said 
QUAM signal; and 

complex mixer means coupled to said 
oscillator means and said concurrent means 40 
for mixing said complex IF signal with said 
sine and cosine signals to produce said de- 
tected C-QUAM signal. 



.15. A method according to claim 14, wherein f d i is 
about equal to f s /4 and f^ is about equal to 
zero. 



14. A method for digitally processing an AM stereo 45 
signal received as an analogy broadcast signal 
using quadrature encoding of stereo informa- 
tion, said method comprising the steps of: 

receiving said analogy broadcast signal; 

generating an analogy intermediate fre- 50 
quency (IF) signal having a centre frequency 

converting said analogy IF signal to a first 
digital IF signal at a sampling rate f s , said first 
digital IF signal being contained in the fre- 55 
quency range between zero and fg/2, said first 
digital IF signal having a centre frequency f dl ; 

filtering said first digital IF signal in a 
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